A method is presented for measuring the reflection coefficient of underwater acoustic materials in the free field with a single vector hydrophone. The main advantage of this method is that the incident and reflected signals are separated in the signal subspace without considering the aliasing of direct and reflected signals in the time domain. The postprocessing inverse filter technology is introduced into the measurement. The signal distortion caused by the transfer function of the measurement system is compensated for the postprocessing inverse filter, which is conducive to eliminating the interference of the edge diffraction. The basic mechanism is based on signal subspace decomposition and postprocessing inverse filter technology. Numerical simulations are presented to demonstrate the advantages of the method. The findings are confirmed by an underwater experiment conducted with a single vector hydrophone. The experimental results show that a satisfactory reflection coefficient can be obtained using this method, and the results agree well with the numerical predictions. The relative error of the measurement results is no more than 20%.
I. INTRODUCTION
Underwater acoustic materials are widely used in practical engineering applications, such as anechoic coatings and acoustic windows in sonar domes. The acoustic reflection coefficient and the absorption coefficient are two important parameters that characterize the acoustic properties of acoustic materials. To obtain the reflection (absorption) coefficient accurately, many measurement methods have been presented for measuring the acoustical performance of materials. For example, the reflection coefficient or the absorption coefficient can be measured with an impedance tube for normal incidence [1] - [3] . However, these methods are restricted to small samples, and it may not be valid to assume that the acoustic performance of small samples is the same as that of The associate editor coordinating the review of this manuscript and approving it for publication was Jiansong Liu . larger samples [4] . The random incidence absorption (reflection) coefficient can be tested with the reverberant field method [5] . However, a complete diffuse sound field can be achieved only rarely [6] , which may influence the accuracy of the absorption measurement. The oblique incident acoustic reflection (absorption) coefficient of a larger sample is tested under free field conditions or in situ with a material panel, which is a standard method in underwater acoustic engineering [7] .
The common measurements for the acoustic reflection coefficient with a panel can be divided into two categories: the temporal separation method and the sound field method. The reflection (absorption) coefficient can be calculated easily if one obtains the incident and reflected signals, which is the basic principle of the temporal separation method. For the purpose of separating the incident and reflected signals, some measurements called temporal separation meth-ods have been proposed based on signal processing technology. Kimura and Yamamoto [8] introduced the optimum Aoshima's time-stretched pulse into the measurements. The stretched pulse is generated by a computer with a high power and flat spectrum. It is used to separate direct and reflected signals in the time domain, and the absorption coefficient is calculated by the ratio of the sound energy reflected from a sample surface to that reflected from a concrete floor. Another separating technology proposed by Garai [9] is the MLS (Max Length Sequence) method. This method was improved by Mommertz [10] with the subtraction technique at different angles of incidence. Mommertz took two measurements to separate the reflected impulse response from the incident one. Specifically, the incident impulse response is measured under free field conditions. The second impulse response, which carries the incident and reflected impulse response, is measured by placing the microphone close to the material surface. Then, the reflected impulse response is obtained by subtracting the incident one from the second impulse response. Furthermore, Bolton and Gold [11] , [12] presented another measurement based on power cepstrum technology, but this method has not been pursued for in situ impedance measurements [13] .
In addition to these temporal separation methods, there are some other acoustic field methods for measuring the acoustic reflection (absorption) coefficient through a single measurement such as the surface impedance method and the sound intensity method. These methods use a mathematical formulation of the acoustic field above the sample to calculate the acoustic properties. Allard and Sieben [14] measured the acoustic impedance in a free field with two microphones close to the surface being tested. However, the error of the phases between the two microphones will increase the measurement error. Li and Hodgson improved this method by using a single microphone and avoided the phase-mismatch errors that occur with two-microphone methods [15] . Similar to the surface impedance method, the acoustic reflection (absorption) coefficient can be computed by the sound intensity measured by the two microphones or a sound intensity meter [16] , [17] . In recent years, the vector hydrophone (sensor) has provided some more convenient approaches for measuring the acoustic properties of materials because it can synchronously obtain information on the sound pressure and the particle velocity in the sound field. The surface impedance method [18] - [20] and the sound intensity method [21] based on the vector sensor are typical measurements. Kunikazu et al. [22] analyzed three normal absorption coefficient measuring methods in a free field. One technology measures the acoustic impedance at one point near the sample surface with one vector sensor (PU-method), and the other two technologies evaluate the impedance from the transfer function of two sound pressures (PP-method) and two particle velocities(UU-method) at two points. The advantages of the PU-method are verified by numerical analysis and experiments. Moreover, the vector signal processing technique may provide new ideas for acoustic reflection (absorption) measuring.
Due to the finite size of panels, panel testing suffers from the edge diffraction effect [4] , [13] . To overcome this limitation, Humphrey [23] and Humphrey et al. [24] put forward a method of characterizing panel materials using a short duration pulse transmitted by a parametric array with a relatively narrow beam. The advantage of this method is that the undesired signals such as the diffracted signals are reduced by the narrow beam of the parametric array. In addition, the short duration pulse used in this measurement assists in resolving the desired signals in the time domain. Piquette [25] proposed another method for correcting the edge-diffractioncontaminated measurements of panels based on Babinet's principle. The experimental estimate of the amplitude and phase of the undesired diffraction wave is directly subtracted from the insertion-loss measurements.
As mentioned above, the edge diffraction effect is the major limitation of the panel test, and there are some measurements, such as the parametric array method, that can solve this problem successfully. However, this method requires a relatively complicated measurement system, and the separation of the incident and reflected signals is also accomplished by running two measurements (testing with the panel present and the panel removed at lower kilohertz frequencies) similar to most temporal separation methods. In this paper, a new method for measuring the acoustic reflection coefficient of underwater acoustic material panels using a single vector hydrophone and a simple test system is proposed. A short duration pulse is used for measuring the acoustic reflection coefficient of a panel, and the postprocessing inverse filter [26] that has been applied in the acoustic tube method is introduced into this measurement. This has the advantage that the signal distortion caused by the transfer function of the test system can be suppressed, which is beneficial to get rid of the diffraction signals in the time domain. In addition, a new approach to separate the incident and reflected signals based on the signal subspace decomposition algorithm is given. The incident and reflected signals can be separated in the signal subspace to calculate the acoustic reflection coefficient with a single measurement(with the panel), although they are aliasing together in the time domain.
In Section II, the theoretical derivations of this method based on subspace decomposition are described. Simulations are carried out, and some meaningful results are obtained in Section III. In Section IV, we conduct an experiment using a vector hydrophone to measure the reflection coefficient of a panel. The experimental results examine the merits of the proposed method. A summary and discussion are given in Section V.
II. MEASUREMENT TECHNIQUE A. PRINCIPLE
Considering an infinite panel, the configuration is shown in Fig. 1 . A point source and a two-dimensional vector hydrophone are positioned in front of the panel surface. h is the distance between the point source and the infinite VOLUME 8, 2020 panel surface, d denotes the distance between the vector hydrophone and the panel surface, r i equals to the length of the direct acoustic path, r r is the distance between the image source and the vector hydrophone, θ i indicates the incident angle, θ r is the reflected angle, θ 0 denotes the angle between normal direction and the line connecting the acoustic source and the vector hydrophone. If h d and the vector hydrophone is close to the surface, θ 0 ≈ θ i .Then, the signals received by the vector hydrophone in terms of t are given by:
where s (t) is the short broadband pulse signal transmitted by the point source, τ r denotes the time delay between the incident and reflected pulses, R denotes the acoustic reflection coefficient of the surface, θ r is the reflected angle, n p (t), n x (t) and n y (t) are the additive white Gaussian noise, p(t), v x (t) and v y (t) are the acoustic pressure and two orthogonal particle velocity components of the vector hydrophone, respectively.
be the array manifold of this vector hydrophone, (1) can be represented as:
where
, v y (t) T denotes the 3 × 1 output vector of the two-dimensional vector hydrophone, and N (t) = n p (t), n x (t), n y (t) T indicates the noise vector. The superscript T denotes the transpose.
Applying the Fourier transformation to (2), we can obtain:
where f denotes the measuring frequency. Then, the covariance matrix of X can be calculated as:
where R N (f ) is the covariance matrix of background noise, R s (f ) denotes the signal covariance matrix and (·) H represents the complex conjugate. When h d, r i ≈ r r , τ r can be ignored, R s (f ) can be writen as:
where (·) * indicates conjugate operation, |·| denotes the amplitude of a complex value. Obviously, we can compute the sound reflection coefficient R from R s (f ). Since h, d, and θ i of the measurement system are already known, the array manifold A can be calculated readily. Thus R s (f ) can be estimated as follow:
where (·) indicates the estimation. A −1 L indicates the left inverse matrix of A, A H −1 R denotes the right inverse matrix of A H , as defined by following equations:
Thus, acoustic reflection coefficient can be obtained:
As shown in (8), the reflection coefficient can be computed in several ways. The measuring accuracy depends on the background noise without considering other factors. Therefore, we should select an optimal computing mode in (8) . The relevant contents will be determined in section III through simulations.
B. POSTPROCESSING INVERSE FILTER TECHNOLOGY
In practice, the measurement system contains signal transmitting equipment and signal acquisition analysis devices such as a transducer, a vector hydrophone, and a power amplifier. All of these will affect the waveform of the system output signal, which might increase the difficulty of signal separation in the time domain. To overcome this drawback, the postprocessing inverse filter technology is introduced into the measurement. It is helpful to remove undesired components such as edge diffraction signals in the time domain. The processes of designing this inverse filter are summarized as follows:
The Maximum-Length Sequences (M.L.S.) is used to identify the measurement system [27] , [28] without the panel. Let x (n) and y (n) denote the sampled signals of the driving M.L.S. and the output of the system. T (n) indicates the impulse response function of the measurement system, which yields:
where ⊗ denotes the convolution. Then, the cross-correlation of x (n) and y (n) can be given by:
For the M.L.S., the autocorrelation function is [9] :
where L = 2 N − 1 is the length of M.L.S, N is the order of M.L.S, and δ(n) denotes Kronecker delta. r xy (n) can be further expressed as:
In general, L is large. The transfer function of the test system h (n) can be approximately written as:
According to [26] , the transfer function of the postprocessing inverse filter T inv (f ) is shown as:
where T (f ) =F T (t) is the Fourier transformation of T (t), q denotes a small positive constant to avoid the notch of T (f ) 2 .
Summing up the above, the measurement procedures of this method can be described as follow: (8) shows.
III. SIMULATION AND ANALYSIS A. OPTIMAL OPTION OF THE REFLECTION COEFFICIENT COMPUTING MODE
As mentioned in section II and as shown in (8), the reflection coefficient can be computed in various ways. In this part, we will determine the optimal computing mode of the reflection coefficient through simulations. We still consider the situation illustrated in Fig. 1 . In this simulation, the panel being tested is an infinite layer with a thickness of 0.006 m and a density of ρ =2700 kg/m 3 Fig. 2 gives the simulation results versus snapshots in the frequency domain, where |R| denotes the theoretical value of the reflection coefficient. From Fig. 2(a) , we can see that when the snapshots in the frequency domain equal to 1, there is no difference among the simulation results calculated by the methods shown in (8) . However, the simulation results oscillate with the frequency. Apparently, as the number of snapshots increases, the accuracy of the simulation results of the reflection coefficient improves distinctly, as shown in Fig. 2(b) and Fig. 2(c) . The cause of the above results is that more snapshots in the frequency domain result in a higher average number of data, which ensures the stability of the measurement. Therefore, we should use multiple snapshots to calculate the acoustic reflection coefficient. Moreover, in the low frequency range, optimal calculation results of the sound reflection coefficient are given byR 1 (f ) orR 2 (f ), as shown in (8), whereas the results calculated byR 4 (f ) orR 5 (f ) are the worst. With an increase of the frequency, the reflection coefficient becomes larger and the influence of the background noise is no longer obvious. In this condition, the calculation results of the computing modes shown in (8) tend to be the same. 
B. MEASURING THE SOUND REFLECTION COEFFICIENT
To examine the performance of the method, a simulation study has been carried out. In this simulation, we use a single two-dimensional vector hydrophone to measure the reflection coefficient of a panel with dimensions of 1 m×1 m. Similar to the measuring processes presented in section II, a postprocessing inverse filter of the test system should be designed in the measurement. The preset transfer function of the test system is simulated by superposition of Gaussian pulses with center frequencies of 1 kHz, 2 kHz, 4 kHz, and 8 kHz, and an M.L.S. of N = 16th order signal is transmitted without the panel to identify the impulse responseĥ(n) of this system, where the S.N.R equals 20 dB. The results of system identification and postprocessing inverse filter designing are shown in Fig. 3 , where H (f ) in Fig. 3(b) is the preset value of the amplitude response of the test system, and H inv (f ) denotes the amplitude response of the designed postprocessing inverse filter. The M.L.S. can provide reliable results with a high S.N.R. even in a noisy environment, and it has an auto correlation approximating the Dirac function. Hence, the simulation result of the measurement system identification fits well with the theoretical value, as illustrated in Fig. 3(a) . Afterwards, we can design the postprocessing inverse filter using (14) , as shown in Fig. 3(b) . The finite panel is positioned to measure the reflection coefficient after obtaining the postprocessing inverse filter of the Fig. 4 illustrates the comparison of sound pressure signals received by the vector hydrophone before and after postprocessing inverse filtering. It is apparent that the signal distortion before compensation by the postprocessing inverse filter is serious. One almost cannot distinguish between the desired signals and the interference signals. After the signal compensation, the useful signals are separated from the undesired signals. Thus, the multipath signals and the diffraction signals can be removed through a time window directly. However, the incident and reflected signals are still aliased together. Thus, we separate the incident and reflected signals through the signal subspace decomposition to calculate the reflection coefficient. 5 shows the variation of the measurement results with the frequency at different incident angles. We can observe that the simulation results are in agreement with the theoretical values when the incident angles are at 0 • and 30 • , as shown in Fig. 5(a) and Fig. 5(b) , respectively. From Fig. 5(c) , we can see that the simulation results do not fit with the theoretical value.
To study the effect of the incident angle, simulations with different incident angles and constant frequencies are carried out, as shown in Fig. 6 . The data in the graph show that the simulation results agree with the theoretical values at different frequencies if the incident angle is less than 50 • . However, the measurement performance decreases sharply when the angles of incidence are greater than 50 • . Notice that the time delay between the useful signals and the edge diffraction signals decreases with the incident angle. The undesired signals can be easily removed in the time domain when the incident angles are less than 50 • . The time delay between the edge diffraction signals and the useful signals is not long enough to separate them if the incident angles are greater than 50 • . The edge diffraction signals become the main interference to the measurement under this simulation condition.
IV. EXPERIMENTAL INVESTIGATION OF THE SIGNAL SUBSPACE DECOMPOSITION METHOD A. MEASUREMENT PROCEDURE
To verify the proposed method, an experiment has been carried out in an anechoic pool using a two-dimensional vector hydrophone. Fig. 7 shows the experimental setup for the measurement. The dimensions of this pool are 25 m × 15 m × 10 m, and the cutoff frequency of the absorbing wedge is 2 kHz. A rectangular aluminum panel is chosen for the measurement, with dimensions of 1 m × 1 m × 0.006 m. A computer-controlled arbitrary signal generator is used for generating the M.L.S. or the Butterworth pulse. The signals are sent to the transducer and passed through a power amplifier. The measuring and analysis equipment also contain a signal conditioner and a data acquisition system, as shown in Fig. 7(a) . The two-dimensional vector hydrophone used in the measurement is composed of a sound pressure sensor and two orthogonal particle velocity sensors, as shown in Fig. 7(b) .
The measuring processes are demonstrated in section II. An M.L.S. of N =16th order signal is chosen to drive the measurement system without the panel. We employ (10)- (13) to identify the impulse response of this system, and then we use (14) to design the postprocessing inverse filter of the measurement system. After obtaining the postprocessing inverse filter, the two-dimensional vector hydrophone is placed in front of the panel being tested with a distance of d = 5.5 cm. The sound source, panel, and vector hydrophone are located at the same depth of 5 m. The distance between the source and the panel surface H = 4.95 m. Then, we transmit a Butterworth pulse with a frequency range of 500 Hz to 10 kHz and a duration of 0.2 ms toward the panel to measure the reflection coefficient. The contrast of the signals received by the two-dimensional vector hydrophone before and after postprocessing inverse filtering is shown in Fig. 9 , where P(t), V x (t) and V y (t) are the sound pressure signal and the orthogonal particle velocity signals, respectively. From Fig. 9(a) , we can observe that the signal aliasing is serious. The edge diffraction signals and the useful signals are aliasing together. It is difficult to distinguish the undesired signals from the original signals, whereas the signals are smoother after signal composition by the postprocessing inverse filter. The unwanted signals are significantly separated from the useful signals, as shown in Fig. 9(b) . This implies that the postprocessing inverse filter technology effectively suppresses signal distortion. Then, a Hamming window is adopted to crop the useful signals and the edge diffraction signals in the time domain. Finally, a 65536 points Fast Fourier Transformation is performed on the useful signals to calculate R s for measuring the acoustic reflection coefficients at different frequencies. measurement results below 3 kHz are invalid, only the measurement error curves above 3 kHz are given. One can see that the measurement results above 4 kHz coincide well with the theoretical value, as presented in Fig. 10 . The relative error R of the measurement results is no more than 20 % in the frequency range of 4 kHz-10 kHz. However, some disagreements occur at lower frequencies. This can be reasonably explained. The errors in this frequency range are related to the sound source level of the transducer used in the experiment. Fig. 11 illustrates the variation of the sound source level along with the frequency. The graph shows that the sound source level declines sharply in the frequency range below 4 kHz. This demonstrates the weak signal transmitting capability of the transducer and the lower S.N.R. in such a frequency range, which leads to errors both in the identification of the measurement system and the measurement of the reflection coefficient.
C. ERROR ANALYSIS
To evaluate our new method, the type A uncertainties of the measurement are presented [29] . If there are n values of a quantity, x 1 , x 2 , · · · x n , the standard deviation s of these values is given by: wherex is the mean of the n measurements, defined as x = 1 n n i=1 x i . The standard uncertainty of a quantity x is given by:
We use (15) to calculate the standard uncertainty at the incident angles of θ i = 0 • and θ i = 30 • . In practice, we make the snapshot in the frequency domain equal to 10 and take 6 time measurements independently. As shown in Fig 10, the experimental results agree with the theoretical prediction in the frequency range of 4 kHz-10 kHz, so the curves of the standard uncertainties in such frequency range are shown in Fig 12, where u 1 , u 2 , u 3 , u 4 , and u 5 denote the standard uncertainties of each calculated method, as shown in (8) .
One can see from Fig 12 that the standard uncertainties in the frequency range of 4 kHz-10 kHz are not greater than 4 × 10 −3 .
V. CONCLUSION
A new impulse method for measuring the acoustic reflection coefficient of an underwater acoustic panel using a single vector hydrophone is presented. This method combines signal subspace decomposition with postprocessing inverse filter technology. This method solves the problem of signal aliasing in a single measurement and provides a fast project for measuring the acoustic reflection coefficient. The edge diffraction and the multipath signals are removed in the time domain using the impulse signal and postprocessing inverse filter technology. Some simulations are carried out. The effect of the snapshots in the frequency domain on the measurement results is discussed, and the optimal computing mode is provided. The simulation results revealed that the method described in this paper can obtain a satisfactory measurement result. An experimental investigation is conducted in an anechoic pool. The experimental results agree with the theoretical predictions in the frequency range of 4 kHz-10 kHz. The relative error of the experiment is not greater than 20%, and the standard uncertainties are not greater than 4 × 10 −3 in the frequency range of 4 kHz-10 kHz. The method described here has been tested on a panel in an anechoic pool. In practice, most of the temporal separation methods that separate the signals (incident signal and the reflected signal) require two measurements. The presented method provides a new idea to measure the acoustic reflection coefficient in a single measurement, which offers a simple and efficient measurement method in the free field. The presented approach may also be used on the measurement of underwater acoustic structure materials, which will be the next step of our research. Additionally, the method described in this paper is also applicable to the measurement of aeroacoustic materials using a single vector sensor. Nevertheless, more work needs to be done to enhance the measurement accuracy at large incident angles and in the low frequency range, for instance, a shorter pulse signal or a low-frequency, broadband, and high power transducer should be used in this method.
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